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(57) ABSTRACT

A call processing module includes a first network interface
configured to communicate over a packet-switched network
and a second network interface configured to communicate
with a local subscriber over a broadband access network
employing RF modulation. A call manager is provided which
includes a database associating a local subscriber telephone
number with an address of a client device associated with the
local subscriber for a plurality of subscribers authorized to
receive telephony service. A frequency handler is provided
for allocating to the client device a receive frequency and a
transmit frequency to be used by the client device over the
broadband access network during a telephony call. The call
processing module also includes a session manager config-
ured to generate and receive signaling messages for establish-
ing the telephony call between the local subscriber and a
remote subscriber over the broadband access network and the
packet-switched network as well as over the broadband
access network, the packet-switched network and a circuit-
switched network in communication with the packet-
switched network.
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1
SIMULTANEOUS DELIVERY OF A
TELEPHONY CALL OVER A BROADBAND
ACCESS NETWORK AND A
CIRCUIT-SWITCHED NETWORK

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a continuation of U.S. patent applica-
tion Ser. No. 12/471,852 filed on May 26, 2009, the contents
of which are herein incorporated by reference in entirety.

BACKGROUND

In recent years integration of cable television and tele-
phone networks has become a commercial reality. For
instance, telephony services can be seamlessly carried over
both networks. One class of telephony services, referred to as
Voice over Internet Protocol (“VoIP”) services, is a relatively
new service that competes with plain old telephone service
(POTS) providers. VoIP, which may also be referred to as IP
Telephony, Internet telephony or Broadband telephony, is the
routing of voice conversations over an IP network such as a
private network operated by cable television or telecommu-
nication providers or public networks such as the Internet, or
any combination thereof. VoIP subscribers make and receive
calls as they would over the traditional publicly switched
telephone network (PSTN). Accordingly, IP networks such as
a cable television network need to communicate with conven-
tional telephone networks and thus network elements such as
gateways and the like have been developed to support such
communication.

SUMMARY OF THE INVENTION

In accordance with one aspect of the invention, a call
processing module is provided. The call processing module
includes a first network interface configured to communicate
over a packet-switched network and a second network inter-
face configured to communicate with a local subscriber over
a broadband access network employing RF modulation. A
call manager is provided which includes a database associat-
ing a local subscriber telephone number with an address of a
client device associated with the local subscriber for a plural-
ity of subscribers authorized to receive telephony service. A
frequency handler is provided for allocating to the client
device a receive frequency and a transmit frequency to be
used by the client device over the broadband access network
during a telephony call. The call processing module also
includes a session manager configured to generate and
receive signaling messages for establishing the telephony call
between the local subscriber and a remote subscriber over the
broadband access network and the packet-switched network
as well as over the broadband access network, the packet-
switched network and a circuit-switched network in commu-
nication with the packet-switched network.

In accordance with another aspect of the invention, a
method is provided for establishing a telephony call. The
method includes receiving over a local broadband access
network a request from a calling party to establish a telephony
call between the calling party and a called party, the request
including a telephone number of the called party. A call
processing unit is alerted of the request by transmitting an
alert message over a packet-switched network. A first answer
message is received from the call processing unit over the
packet-switched network indicating whether the telephony
call will be answered as a voice-only telephony call on a
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2

circuit-switched network or as a video telephony call on a
remote broadband access network. A response is presented to
the calling party from the called party by transmitting one or
more additional messages to the calling party over the local
broadband access network. At least one of the additional
messages indicates if the telephony call will be answered as a
voice-only telephony call or as a video telephony call and
identifies a channel to be used by the calling party when
communicating with the called party over the local broadband
access network.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 shows the operating environment in which a broad-
band interpreter (BBI) is employed.

FIG. 2 shows a simplified diagram of one example of the
logical architecture of a BBIL.

FIG. 3 shows a signaling or call flow diagram illustrating
the process by which a call is established between a local
subscriber and a remote subscriber.

FIG. 4 shows another signaling diagram for a scenario in
which a local subscriber initiates a call to the remote sub-
scriber and a remote subscriber answers the call on a remote
telephone and then switches to a set top box so that the call can
be received as a video call.

FIG. 5 shows an operating environment similar to FIG. 1
except with messages superimposed which correspond to the
signaling diagram of FIG. 4.

FIG. 6 shows yet another signaling diagram for a scenario
in which a local subscriber initiates a call to a remote sub-
scriber who does not want to be disturbed and thus has elected
to have his or her message go directly to video voice mail.

FIG. 7 shows an operating environment similar to FIG. 1
except that it also illustrates a video voice mail server that
may be used in connection with the signaling diagram shown
in FIG. 6.

FIG. 8 is a signaling diagram for a scenario in which the
calling party uses a set top box to initiate a voice-only call.

FIG. 9 shows an operating environment similar to FIG. 1
except with messages superimposed which correspond to the
signaling diagram shown in FIG. 8.

FIG. 10 shows the logical architecture of one particular
example of a client device which is configured as set top box.

DETAILED DESCRIPTION

Despite the current degree of interactivity that exists
between the PSTN and IP networks such as the cable network
or other broadband access network, a calling party cannot
simultaneously place a call to a called party over both net-
works such that the called party has the option of answering
the call on an end user device (e.g., a telephone) connected to
the PSTN or an end user device (e.g., a set top box) connected
to the cable network. Such a telephony call may be placed
using the methods and techniques described herein. As a
result, if the called party answers the call on an end user
device connected to the PSTN, the call may be established as
a voice-only telephony call. On the other hand, if the called
party answers the call on an end user device connected to the
cable network or other broadband access network, the call
may be established as a video telephony call, assuming the
end user device is sufficiently equipped with a camera and
microphone

As discussed in more detail below, a call processing unit is
provided that allows a local subscriber (i.e., the calling party)
to establish a video telephony call using a set top box or other
client device over a broadband access network as well as over
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a circuit-switched network such as the Public Switched Tele-
phone Network (PSTN) or radio frequency communication
networks such as certain cellular or satellite communication
networks.

The remote subscriber (i.e., the called party) has the option
of receiving the call on either a set top box (via the broadband
network) or a telephone (via the PSTN). Once the call has
been answered, either party may re-route the call from their
set top box to their telephone, or visa versa. If the call is
established between the local and remote subscribers’ set top
boxes, the call may be a video call in which the video is
presented on the display device that is connected to the set top
box. The call processing unit, referred to herein as a Broad-
band Interpreter (BBI), generates and tracks two simulta-
neous calls through two different networks: the circuit-
switched network and the broadband access network. To
accomplish this, the BBl needs connectivity to both networks.

FIG. 1 shows the operating environment in which the BBI
is employed. As shown, a local subscriber 10 is equipped with
both a client device such as set top box 12 and a telephone 14.
Similarly, remote subscriber 20 is equipped with both a client
device such as set top box 22 and a telephone 24. The tele-
phones 14 and 24 are in communication with the PSTN 28 or
other circuit-switched network. STB 12 and STB 22 commu-
nicate over broadband access networks 15 and 25, respec-
tively. Although for generality the STBs 12 and 22 are shown
as communicating over distinct broadband access networks,
they may of course communicate over the same broadband
network as well.

Broadband access networks 15 and 25, which in some
implementations may be a Hybrid Fiber-Coax (HFC) net-
work, include an array of radio frequency (RF) transmitter
edge devices such as edge Quadrature Amplitude Modulation
(QAM) modulators (not shown in FIG. 1). As used herein, the
term “QAM?” refers to modulation schemes used for sending
RF signals over broadband access networks. Such modula-
tion schemes might use any constellation level (e.g. QAM-16,
QAM-64, QAM-256 etc.) depending on the details of the
broadband access network. A QAM may also refer to a physi-
cal channel modulated according to such schemes. Typically,
a single QAM modulator can output a multiplex of ten or
twelve programs, although the actual number will be dictated
by a number of factors, including the communication stan-
dard thatis employed. The edge QAM modulators usually are
adapted to: (i) receive Ethernet frames that encapsulate the
transport packets, (ii) de-capsulate these frames and remove
network jitter, and (iii) transmit radio frequency signals rep-
resentative of the transport stream packets to end users. Each
transport stream is mapped to a downstream QAM channel.
Each QAM channel has a carrier frequency that differs from
the carrier frequency of the other channels. The transport
streams, which may be MPEG or H.264 transport streams, for
example, are mapped according to a channel map or plan
designed by the MSO that operates the broadband access
network.

A BBI 30 and 40 is respectively associated with each of the
broadband access networks 15 and 25. In this way the local
STB 12 can communicate with BBI 30 over broadband access
network 15 and the remote STB 22 can communicate with
BBI 40 over broadband access network 25. In some imple-
mentations the BBIs 30 and 40 may be located in the headend
of'the broadband access network with which they are respec-
tively associated. The BBIs 30 and 40 may be in communi-
cation with one another over a public or privately-operated
packet-switched network 50. For purposes of illustration the
packet-switched network is depicted as operating in accor-
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dance with the Internet suite of protocols and thus for conve-
nience from time to time will be referred to herein as the
Internet.

FIG. 2 shows a simplified diagram of one example of the
logical architecture of a BB1200 such as BBIs 30 and 40. The
architecture includes abstracted logical elements that are
typically implemented in hardware, software, firmware, or
any combination thereof. The BBI 200 includes a call man-
ager 210 and a frequency handler 220. The call manager 210
maintains a database 215 having an entry for each subscriber
that is registered with that particular BBI. Each entry associ-
ates a network address of a subscriber’s client device (e.g., a
STB MAC address) with the subscriber’s telephone number
as well as any associated subscriber parameters such as video
voice mail. The frequency handler 220 is responsible for
assigning channels (e.g., transmit and receive frequencies and
aprogram number) to the STBs for each call that is carried on
a transport stream over the broadband access network. The
channels are made available to the BBI by the MSO that
operates the broadband access network. To accomplish this,
the channel map relating channels to services carried on those
channels is dynamically updated for receipt by the BBI. That
is, the BBI is aware of which frequencies, modulation modes,
and program ID numbers are assigned to each service on the
current channel map and which frequencies, modulation
modes, and program ID numbers are available for use when a
call setup is requested. The BBI will select the program num-
ber and the transmit and receive frequencies that are to be
assigned from among those that are available in the channel
map received from the MSO at the time a call setup is
requested. When the call that is to be established is a voice-
only call, the BBI will assign lower bandwidth frequencies
and program numbers than when video calls are to be estab-
lished.

The BBI 200 shown in FIG. 2 also includes a session
manager 230 to set up new communication sessions, termi-
nate existing sessions and re-route existing sessions between
a subscriber’s telephone and set top box. Among other things,
the session manager 230 allows the BBIs to communicate
with one another over the packet-switched network 50 using
various signaling protocols. For instance, in the case of the
Internet, the BBIs may make use of the Session Initiation
Protocol (SIP) to set up and control calls that are established
between them. SIP is an example of an application level
signaling protocol used by an initiating device to locate
another device in order to establish a communication session.
Other protocols that may be used include SS7. If SIP is
employed, the session manager 230 may include a SIP server
and client to respectively generate and receive SIP messages.
The BBI 200 communicates with the packet-switched net-
work 50 via the packet-switched network interface 250. Simi-
larly, the BBI 200 communicates with the broadband access
network via RF network interface 240. The RF network inter-
face 240 allows the BBI to exchange signaling messages and
video and voice-only calls with the set top boxes or other
client devices. To accomplish this the RF network interface
may include, for example, a return path demodulator (RPD)
that receives out-of-band QPSK or QAM modulated signals
from the STBs. Alternatively, if the broadband access net-
work and the STB are compliant with the DOCSIS Set-top
Gateway Interface (DSG), the signaling messages may be
communicated between the set top boxes and the RF network
interface 240 over a DSG tunnel. In yet other implementa-
tions the signaling messages may be communicated over the
broadband access networks using the Internet suite of proto-
cols.
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Connectivity between the PSTN 28 and the broadband
access networks 15 and 25 can be accomplished using the
BBI and gateway nodes that are often used to provide con-
nectivity to such networks. For instance, signaling gateways
are commonly employed to convert signaling messages from
one protocol to another protocol. If the BBIs employ SIP for
call signaling and the PSTN employs the conventional sig-
naling system 7 (SS7) signaling protocol, then SIP gateways
may be employed to convert between SIP messages and SS7
messages.

Other gateway nodes are commonly used to convert trans-
port streams such as video transport streams from one proto-
col to another. For instance, gateways may be used to convert
video transport streams (e.g., MPEG or H.264 transport
streams) carried by the broadband access networks 15 and 25
to transport streams carried by the PSTN 28. In particular,
audio only transport streams that originate or terminate
through the PSTN 28 may employ the use of RTP gateways 62
and 64 in order to convert audio to an MPEG stream. Accord-
ingly, an RTP gateway 62 and 64 is employed between the
output of each BBI and the PSTN 28. In this example the RTP
gateway 62 and 64 may be included within the Internet 50.
Instead of RTP, other protocols that may be employed by the
PSTN 28 include QuickTime, MediaPlayer and the like.

FIG. 3 shows a signaling diagram that will be used to
facilitate an understanding of the process by which a call is
established between the local subscriber 10 and the remote
subscriber 20. The signaling diagram shows the interactions
between the various network elements shown in FIG. 1. To
further clarify an understanding of the process, the signals or
messages 1-11 shown in FIG. 3 are also superimposed on
FIG. 1. In this example the local subscriber 10 is the calling
party who initiates the call to the remote subscriber 20, who is
the called party. The local subscriber 10 initiates the call using
the local STB 12 and the remote subscriber 20 answers the
call using the remote STB 22. This example assumes for the
purposes of illustration only that the video transport streams
that are employed are MPEG transport streams and that the
protocols employed are SIP and RTP protocols. However, as
noted above, the methods and techniques discussed herein are
not limited to such an implementation.

Referring to FIG. 3, the local subscriber 10 initiates the call
through a user interface associated with the local STB 12. The
user interface, which may be, for example, a remote control
unit or the like, may contain a physical or virtual button that
is used to initiate the call. Instead of a button, the subscriber
may select an item from a menu of options that are presented
on a display associated with the user interface. More gener-
ally, however, the user interface may be configured in any
desired manner and is not limited to the examples discussed
herein. The local subscriber 10 also enters the telephone
number of the called party (i.e., the remote subscriber 20)
through the user interface. In response, the STB 12 sends a
request message to the local BBI 30 at 1. The message
includes the MAC address of the called party (CLD) and the
telephone number of the calling party (CLG). The local BBI
30 queries its call manager database to translate the calling
party’s MAC address to its corresponding telephone number.

Next, at 2B, the local BBI 30 creates a new message that is
sent to the remote BBI. This new message includes the tele-
phone numbers of the calling and called parties as well as the
MPEG program number of the MPEG stream that is to be
transmitted from the local BBI 30 to the remote BBI 40,
which is referred to in the signaling diagram as the Transmit-
ting MPEG Stream of the Local BBI (“TPNL”).

The local BBI 30 uses its frequency handler to allocate the
receive frequency (RCF), the receive program number
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(RPN), the transmit frequency (TXF), and the transmit pro-
gram number (TPN) that are to be used by the local STB 10
when communicating over the local broadband access net-
work 15. This information, along with the modulation mode
that is employed, is sent by the local BBI 30 to the STB 12 in
an acknowledgement message at 2A. As previously men-
tioned, the local BBI 30 obtains this information from a poll
of frequencies provided by the MSO operating the local
broadband access network 15. In some cases, instead of send-
ing each of these individual items to the STB 12, the acknowl-
edgement message may include a virtual channel number.

After receiving the message that was sent by the local BBI
30 at 2A, the remote BBI 40 queries its call manager database
to translate the called party’s telephone number into its cor-
responding MAC address. Given the MAC address, the
remote BBI 40 then sends an alert message to the remote STB
22 at 3A. The alert message includes the receive frequency
(RCF), the receive program number (RPN), the transmit fre-
quency (TXF), the transmit program number (TPN) and the
modulation mode that are to be used by the remote STB 22
when communicating over the remote broadband access net-
work 25. Upon receiving the alert message, the remote STB
22 will notify the remote subscriber 20 that an incoming call
is being received. The notification may be presented to the
subscriber on a television or other display device associated
with the STB 22. The message may be presented using any
appropriate mechanism, including, for example, Picture in
Picture (PIP), closed caption, or a GUI that is similar to an
electronic program guide. The message will notify the remote
subscriber that an incoming call is being received and will ask
the subscriber if he or she would like to accept the call. The
message may include the name and/or telephone number of
the calling party.

In addition to notifying the remote subscriber of the incom-
ing call via the STB 22, the remote BBI 40 will also notify the
remote subscriber 20 of the incoming call via the telephony
interface to the remote telephone 24. To this end, at 3B the
remote BBI 40 will send an alert to the remote telephone 24
via the SIP gateway 64 and the PSTN 28. The alert will
contain the calling and called parties’ telephone number. The
remote subscriber 20 now has the option of answering the call
on the remote telephone 24 or the remote STB 22. In addition,
a time out counter is started that upon expiration will termi-
nate the process if the subscriber does not respond.

In this particular example the subscriber answers the
incoming call via the STB 22. In response the STB 22 sends
an acknowledgement message to the remote BBI 40 at 4 and
an answer message at 5. The remote BBI 40, in turn, at 6A
sends an answer message to the local BBI 30 via Internet 50.
The answer message includes the MPEG program number of
the MPEG stream that is to be transmitted from the remote
BBI 40 to the local BBI 30, which is referred to in the signal-
ing diagram as the Transmitting MPEG Stream of the Remote
BBI (“TPNR”).

Since the remote subscriber answered the call using the
remote STB 40, a disconnect message is sent to remote phone
by the remote BBI 40 at 6B via the telephony interface.

The answer message received by the local BBI 30 is propa-
gated to the local STB 12 via the broadband access network
15 at 7. The MPEG call connection is now established at 8
between the local and remote STBs over the broadband net-
works 15 and 25 and the Internet 50. Finally, when either
party terminates the call, a disconnect message propagates
from one STB to another. In this example the local STB 12
terminates the call and the disconnect message is propagated
at9,10 and 11.
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FIG. 4 shows another signaling diagram for a scenario in
which the local subscriber 10 initiates a call to the remote
subscriber 20 using the STB 12 and the remote subscriber 20
answers the call on the remote telephone 24 and then switches
to the remote STB 22 so that the call can be received as avideo
call. The signals or messages 1-17 shown in FIG. 4 are also
superimposed on FIG. 5, which is otherwise the same as FIG.
1.

When the local subscriber 10 initiates the call request, alert
and acknowledgement messages are sentat 1, 2A, 2B, 3A and
3B. These messages are the same as their corresponding
messages shown in FIG. 3 and thus do not need to be dis-
cussed further.

At message 4, when the remote subscriber 20 answers the
remote telephone 24 an answer message is sent by the remote
telephone 24 to the remote BBI 40 via the PSTN 28 and the
SIP gateway 68. The remote BBI 40 propagates the answer
message to the local BBI 30 over the Internet 50 at 5. The
remote BBI 40 indicates in the answer message that the
answered call is audio only by including an audio only indi-
cator (AUID).

Since the call is audio only, the amount of bandwidth that
is needed is less than if the call were a video call. Accordingly,
the local BBI 30 may wish to reduce the amount of bandwidth
that it allocated at 2A. Accordingly, the local BBI 30 may
once again use its frequency handler to allocate a new receive
frequency (RCF), receive program number (RPN), transmit
frequency (TXF), and transmit program number (TPN) that
are more suitable for an audio only call. This information,
which is used by the local STB 12 when communicating by
voice only over the local broadband access network 15, is sent
by the local BBI 30 to the STB 12 in an answer message at 6.

At this point signaling is complete and the call can now be
established. At 7A, the local STB 12 sends voice information
in an MPEG transport stream to the local BBI 30, which in
turn forwards it to the RTP gateway 62 so that the information
can be converted from an MPEG transport stream to a trans-
port stream that corresponds to RTP (or other suitable proto-
col). The RTP transport stream is forwarded by the RTP
gateway 62 to the PSTN 28 at 7B, which in turn forwards it to
the remote telephone 24.

At some point during the voice-only call the remote sub-
scriber decides to switch to a video call. That is, the remote
subscriber 20 decides to re-route the call from the remote
telephone 24 to the remote STB 22. The re-route process is
initiated when the remote subscriber 20 sends a re-route mes-
sage to the remote STB 22 via its user interface by, e.g,
depressing a re-route button on a remote control unit. In
response, the STB 22 sends a re-route request to the remote
BBI 40 at 8. The remote BBI 40 recognizes that a call is in
progress and that the remote subscriber 20 has requested to
switch from receiving the call over the PSTN 28 to receiving
the call over the broadband access network 25. Before the
re-route can be implemented, the remote BBI 40 needs to
ensure that sufficient resources (e.g., bandwidth) are available
in both directions for a video call. Accordingly, at 9 the
remote BBI 40 sends a re-route message to the local BBI 30.
The re-route message includes the telephone numbers of the
calling and called parties as well as the MPEG program
number of the MPEG stream that is to be transmitted from the
remote BBI 40 to the local BBI 30, which is referred to in the
signaling diagram as the Transmitting MPEG Stream of the
Remote BBI (“TPNR”). Upon receipt of this message, the
local BBI 30 determines, using its frequency handler, if band-
width resources are available on the local broadband access
network 15 and if so, sends a re-route message to the local
STB 12 at 10. If necessary, this re-route message includes a
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new receive frequency (RCF), receive program number
(RPN), transmit frequency (TXF), and transmit program
number (TPN), which are to be used by the local STB 12
when communicating over the local broadband access net-
work 15. The re-route message also includes a video indicator
(IVD) to inform the local STB 12 that the call is a video call.

Upon receiving the re-reroute message from the local BBI
30 the local STB 12 sends an acknowledgement message
back to the local BBI 30 at 11. The local BBI 30 in turn,
forwards the acknowledgement message to the remote BBI
40 at 12 and includes the MPEG program number of the
MPEG stream that is to be transmitted from the local BBI 30
to the remote BBI 40 (the “TPNL”). The remote BBI 40 then
sends an acknowledgement message to the remote STB 22 at
13A. The acknowledgement includes the new receive fre-
quency (RCF), receive program number (RPN), transmit fre-
quency (TXF), and transmit program number (TPN) that are
to be used by the remote STB 22 when communicating by
video over the remote broadband access network 25, which
the remote BBI 40 has allocated using its frequency handler.
At 13B the remote BBI 40 sends a disconnect message to the
remote telephone 24.

The MPEG video call connection is now established at 14
between the local and remote STBs over the broadband net-
works 15 and 25 and the Internet 50. Finally, when either
party terminates the call, a disconnect message propagates
from one STB to the other. In this example the local STB 12
terminates the call and a disconnect message is propagated at
15,16 and 17.

In some implementations subscribers may opt to use a
video voice mail service that answers calls on their behalf by
playing a pre-recorded video file to the calling party. Addi-
tionally, the calling party may opt to leave a video voice mail
message to the called party. As such the BBI will handle, route
and deliver the call to either a video voice mail server as
described below in connection with FIG. 6 or a STB capable
of'storing such a video voice mail message. In this way if the
subscriber does not answer the call on the STB or telephone
within a predefined period of time, the BBI’s call manager
will determine if the subscriber subscribes to video voicemail
and, if so, route the call accordingly. The caller manager 210
shown in FIG. 2 may keep track of which subscribers have
subscribed to the video voicemail service. For instance, the
entries in database 215 which have an entry for each regis-
tered subscriber may include a column that specifies if the
subscriber also subscribes to the video voicemail service. If
the subscriber does subscribe to the service, the call will be
re-routed to the video voicemail server or answered by a
video voice mail application residing on the subscriber’s
STB. Similarly, if the subscriber issues a “do-not-disturb”
message though the STB, all calls will be immediately re-
routed to the video voicemail server or the video voice mail
application residing on the STB. The video voicemail service
may also include a message indicator capability to enable the
video voice mail application and the STB to exchange infor-
mation relating to video voice mail messages. Subscribers
will use the STB user interface to retrieve received messages
from the video voicemail server or a local storage medium
(e.g., a hard drive) associated with the STB.

FIG. 6 shows a signaling diagram for a scenario in which
the local subscriber 10 initiates a call to the remote subscriber
40, who does not want to be disturbed and thus has elected to
have his or her message go directly to video voice mail. This
implementation depicts a video voice mail server on which
messages are stored and retrieved. The signals or messages
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1-11 shown in FIG. 6 are also superimposed on FIG. 7, which
is similar to FIG. 1 except that it also illustrates video voice
mail server 70.

When the local subscriber 10 initiates the call request, alert
and acknowledgement messages are sent at 1, 2B and 2A.
These messages are the same as their corresponding mes-
sages shown in FIG. 3 and thus do not need to be discussed
further. After the remote BBI 40 is notified of the incoming
call at 2B, the remote BBI determines that all messages for
this subscriber are to be routed to the video voicemail server
70. This determination may be accomplished when the
remote BBI 40 accesses its subscriber database to translate
the called telephone number to the remote STB MAC address.
Accordingly, at 3A the remote BBI sends an alert message to
the video voicemail server 70. The message includes the
receive frequency (RCF), the receive program number
(RPN), the transmit frequency (TXF), and the transmit pro-
gram number (TPN) that are to be used by the video voicemail
server. In response, the video voicemail server sends an
acknowledgement and answer messages back to the remote
BBI40 at4 and 5, respectively. The answer message is propa-
gated back to the local STB 30 at 5, 6 and 7.

The MPEG call connection is now established at 8 between
the local STB and the video voicemail server 70. Finally,
when the local subscriber or the video voicemail server ter-
minate the connection, a disconnect message propagates
from one device to another. In this example the local STB 30
terminates the call and the disconnect message is propagated
at9,10 and 11. The video voicemail server may terminate the
connection when a timeout period has expired, for example.

The video voice mail call depicted in FIG. 6 is only one
illustrative implementation of a video voice mail service. For
instance, as previously mentioned, in other implementations
the subscribers may use their STB’s storage medium for
message retrieval and storage. In such an implementation
calls are routed, handled and switched through the network as
previously described in connection with FIG. 3 and the call is
answered by the video voice mail application residing on the
called STB. The only difference at this point is that the calling
party is conversing with the called party’s video voice mail
application, which records and stores their message on a
storage medium associated with the called STB.

The call scenarios described above are representative only.
Many additional such scenarios are possible. For instance,
FIG. 8 is acall flow diagram for a scenario in which the calling
party uses a STB to initiate a voice-only call. Once again, the
signals or messages 1-11 are also superimposed on the net-
work diagram, in this case FIG. 9. The remote BBI determines
that there is no STB associated with the called party’s tele-
phone number and thus routes the call to the called party’s
telephone via the telephony interface.

FIG. 10 shows the logical architecture of one particular
example of a client device which is configured as set top box.
It should be noted that the set top box may be any apparatus
such as a hardware card, specially programmed computer or
other device having the functionality described herein that
may be placed near to or within a television or other display
device (such as a computer monitor). The set top box can
receive broadcast, video-on-demand (VOD) and other con-
tent from a broadband access network such as seen in FIG. 1.

In the example shown in FIG. 10 the set top box is com-
pliant with the OpenCable Application Platform (OCAP)
hardware and software environment. The OCAP specifica-
tion is a middleware software layer specification intended to
enable the developers of interactive television services and
applications to design such products so that they will run
successfully on any cable television system, independent of
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set-top or television receiver hardware or operating system
software choices. As is well known, middleware generally
comprises one or more layers of software which are posi-
tioned “between” application programs and the lower or
physical layers of the network device. Middleware is com-
monly written for the specific requirements of the operator of
the computer system, and the proprietary software purchased
by the operator of the computer system. A key role of middle-
ware is to insulate the application programs from the device
specific details. By using middleware the application pro-
grammers need know very little about the actual network
details, since they can rely on the middleware to address the
complexities of interfacing with the network. Of course, the
set top terminal is not limited to an OCAP-compliant soft-
ware/hardware architecture. In other cases, for example, the
client devices 106 may be compliant with MHEG, DASE or
Multimedia Home Platform (MHP) middleware. Alterna-
tively, the set top terminal may be based on a proprietary
architecture.

Referring to FIG. 10, the top of an OCAP software “stack”
includes various conventional application modules such as a
Monitor Application Module 300, Electronic Program Guide
(EPG) Module 302, and Digital Video Recorder (DVR) appli-
cation Module 304. In addition, the set top box includes a
Telephony Application Module 306 for implementing the
functionality that allows the set top box to establish telephony
calls in the manner described above. These applications are
run on top of a software layer called the “Execution Engine”
312 and interface to the Execution Engine using the well
known OCAP APIs 308. The client device may also include
certain software applications or “Native Applications” 318
that do not run within the Execution Engine, but run directly
ontop of'the Operating System/Middleware 314 for the client
device. Native Applications are typically written for, e.g., a
particular hardware configuration 316 of the client device
106. Examples of such Native Applications may include man-
agement of front panel functionality, remote control interac-
tion, games, and the like. It should be noted that while Moni-
tor Application Module 300, Electronic Program Guide
(EPG) Module 302, DVR Application Module 304 and Tele-
phony Application Module 306 are depicted as residing on
top of the execution engine 312, in some cases one or more of
these applications may be integrated with the execution
engine 312 or any other module residing below the OCAP
APIs 308. Accordingly, processes that are described herein as
being performed by the Telephony Application Module may
alternatively be performed by the execution engine 312 or any
other appropriate module or component. In yet other alterna-
tives, the functionality of the Telephony Application Module
306 may be implemented in hardware or a combination of
hardware, software and firmware.

In addition to the features mentioned above, the set top box
or other client device will need a camera and microphone
along with suitable encoders in order to capture audio and
video. Optionally, the client device may also have a user
interface such as a remote control unit that includes a tele-
phone keypad along with buttons or the like that allows the
subscriber to access and activate the telephony application.
Additionally, the Telephony Application Module 306 may
store files that contain various prompts and messages to be
presented to the subscriber at the appropriate time. For
instance, as previously mentioned, one message may inform
the subscriber of the arrival of an incoming call. Another
message may be a pop-up that appears on the calling party’s
display when a call is initiated requesting the subscriber to
wait while the call is being connected. The messages may be
presented in any appropriate format. For instance the prompts
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and messages may appear as graphical user interface (GUI)
pop-ups or as close-captioned text, for example. If the set top
box is so equipped, the prompts and messages may be pre-
sented using picture-in-picture (PIP) functionality.

The processes described above, including but not limited to
those presented in connection with the local and remote BBIs
and the client devices, may be implemented in general, multi-
purpose or single purpose processors. Such a processor will
execute instructions, either at the assembly, compiled or
machine-level, to perform that process. Those instructions
can be written by one of ordinary skill in the art following the
description of presented above and stored or transmitted on a
computer readable medium. The instructions may also be
created using source code or any other known computer-
aided design tool. A computer readable medium may be any
medium capable of carrying those instructions and include a
CD-ROM, DVD, magnetic or other optical disc, tape, or
silicon memory (e.g., removable, non-removable, volatile or
non-volatile).

The invention claimed is:

1. A call processing module, comprising a frequency han-
dler for dynamically allocating to a client device a receive
frequency and a transmit frequency from a set of frequencies
in an active channel map that are available for use for a
telephony call based on the active channel map dynamically
updating a relationship of channels to services delivering
programming content carried on the channels, said receive
frequency and transmit frequencies being used by the client
device over a broadband access network during the telephony
call, wherein the frequency handler is configured to dynami-
cally allocate, for use by the client device during communi-
cation between the call processing module and the client
device over the broadband access network, the receive and
transmit frequencies, and a program ID from among receive
and transmit frequencies and program IDs available in the
active channel map at a time a call setup is requested, a
notification of available receive and transmit frequencies and
available program IDs being provided to the call processing
module, at the time of call setup, from an operator of the
broadband access network; and

The call processing module, further comprising a session

manager configured to generate and receive signaling
messages for establishing the telephony call between a
local subscriber and a remote subscriber over the broad-
band access network and a packet-switched network as
well as over the broadband access network and a circuit-
switched network in communication with the packet-
switched network, wherein the session manager
includes a Session Initiation Protocol (SIP) server and
client that respectively transmits and receives SIP sig-
naling messages over the packet-switched network to
and from the remote subscriber.

2. The call processing module of claim 1, further compris-
ing:

a first network interface configured to communicate over a

packet-switched network; and

a second network interface configured to communicate

with a local subscriber over the broadband access net-
work,

wherein the second network interface includes a return

path for receiving signals from the client device in accor-
dance with a scheme that employs an Internet Protocol
(IP), a Data Over Cable Service Interface Specification
(DOCSIS) tunnel, Quadrature Phase Shift Keying
(QPSK) modulation or Quadrature Amplitude Modula-
tion (QAM).
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3. The call processing module of claim 1, further compris-
ing:

a first network interface configured to communicate over a

packet switched network; and

a second network interface configured to communicate

with a local subscriber over the broadband access net-
work,

wherein the first network interface is further configured to

forward over the packet-switched network a video trans-
port stream supporting the telephony call to a remote
subscriber.

4. The call processing module of claim 3, wherein the
second network interface is further configured to forward the
video transport stream over the broadband access network to
the client device.

5. A method for establishing a telephony call, comprising
receiving over a local broadband access network a request
from a calling party to establish a telephony call between the
calling party and a called party, the request including a tele-
phone number of the called party, said local broadband access
network employing an active channel map that dynamically
updates a relationship of channels to services delivering pro-
gramming content carried on the channels and dynamically
allocating, for use by a client device of the called party during
communication between a call processing module and the
client device over the local broadband access network,
receive and transmit frequencies, and a program ID from
among receive and transmit frequencies and program IDs
available in the active channel map at a time a call setup is
requested, a notification of available receive and transmit
frequencies and available program IDs being provided to the
call processing module, at the time of call setup, from an
operator of the local broadband access network; and

The call processing module, further comprising using a

session manager configured to generate and receive sig-
naling messages for establishing the telephony call
between a local subscriber and a remote subscriber over
the broadband access network and a packet-switched
network as well as over the broadband access network
and a circuit-switched network in communication with
the packet-switched network, wherein the session man-
ager includes a Session Initiation Protocol (SIP) server
and client that respectively transmits and receives SIP
signaling messages over the packet-switched network to
and from the remote subscriber.

6. The method of claim 5, further comprising presenting a
response to the calling party from the called party by trans-
mitting one or more additional messages to the calling party
over the local broadband access network using a frequency
that is available for use for the telephony call based on the
dynamically updated relationship of channels to services
delivering the programming content carried on the channels,
at least one of the additional messages indicating if the tele-
phony call will be answered as a voice-only telephony call or
as a video telephony call and identifying a channel to be used
by the calling party when communicating with the called
party over the local broadband access network, wherein the
local broadband access network employs QAM modulation
and the at least one of the additional messages identifies the
channel by including a receive frequency, a transmit fre-
quency and a program number to be used by the calling party
when communicating with the called party over the local
broadband access network.

7. The method of claim 5, wherein the client device is a set
top box and the telephony call is a video telephony call.
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8. The method of claim 5, wherein the broadband access
network employs Quadrature Amplitude Modulation (QAM)
in a forward direction from the broadband access network to
the client device.

9. The method of claim 5, further comprising alerting a call
processing unit of the request by transmitting an alert mes-
sage over a packet-switched network, wherein alerting the
call processing unit is performed in accordance with a Ses-
sion Initiation Protocol (SIP) protocol.

10. The method of claim 5, wherein the request is received
over the local broadband access network in accordance with
a scheme that employs an Internet Protocol (IP), a Data Over
Cable Service Interface Specification (DOCSIS) tunnel,
Quadrature Phase Shift Keying (QPSK) modulation or
Quadrature Amplitude Modulation (QAM).

11. The method of claim 5, wherein the frequency from the
channel map is a lower bandwidth frequency when the tele-
phony call is a voice-only call as compared to a video tele-
phony call.

12. At least one non-transitory computer-readable medium
encoded with instructions which, when executed by a proces-
sor, performs a method including:

receiving over a packet-switched network a request to

establish a telephony call between a calling and called
party, the request including a telephone number of the
called party;
determining a network address of a client device associated
with the called party based on the telephone number; and

forwarding, over a broadband access network employing
Radio-Frequency (RF) modulation on a plurality of
channels, a first alert message to the client device using
the client device network address, the first alert message
identifying one of the plurality of channels on which an
incoming telephony call can be received by the client
device,
wherein one of the plurality of channels on which the
incoming telephony call can be received over the broad-
band access network is identified to the client device by
a receive frequency, a transmit frequency, a program
number and a modulation mode to be used by the client
device when communicating with the calling party, and

wherein the receive and transmit frequencies and the pro-
gram number, for use by the client device of the called
party during communication between a call processing
module and the client device over the broadband access
network, are dynamically allocated from among receive
and transmit frequencies and program numbers avail-
able in an active channel map at a time a call setup is
requested, a notification of available receive and trans-
mit frequencies and available program numbers being
provided to the call processing module, at the time of
call setup, from an operator of the local broadband
access network; and

The call processing module, further comprising a session

manager configured to generate and receive signaling
messages for establishing the telephony call between a
local subscriber and a remote subscriber over the broad-
band access network and a packet-switched network as
well as over the broadband access network and a circuit-
switched network in communication with the packet-
switched network, wherein the session manager
includes a Session Initiation Protocol (SIP) server and
client that respectively transmits and receives SIP sig-
naling messages over the packet-switched network to
and from the remote subscriber.

13. The computer-readable medium of claim 12, wherein
the request to establish the telephony call includes an identity
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of'a first video transport stream on which the telephony call is
to be received over the packet-switched network, and wherein
the method further comprises receiving a first answer mes-
sage from the client device over the broadband access net-
work indicating acceptance of the incoming call, and for-
warding a second answer message to the called party over the
broadband access network, the second answer message indi-
cating the acceptance of the incoming call.

14. The computer-readable medium of claim 12, wherein
the method further comprises forwarding, in addition to the
first alert message, over a circuit-switched network a second
alert message to a telephone associated with the telephone
number of the called party, wherein the first and second alert
messages inform the called party of the incoming telephony
call, and wherein the second alert message is forwarded in
accordance with a signaling protocol employed by the
packet-switched network to a gateway configured to translate
the second alert message to a signaling protocol employed by
the circuit-switched network.

15. The computer-readable medium of claim 12, wherein
the method further comprises receiving a first answer mes-
sage from the telephone over a circuit-switched network indi-
cating acceptance of the incoming telephony call, and for-
warding a second answer message to the called party over the
broadband access network, the second answer message indi-
cating the acceptance of the incoming telephony call as a
voice-only call.

16. The computer-readable medium of claim 15, wherein
the method further comprises receiving a re-route message
from the telephone requesting that the incoming telephony
call be re-routed as a video telephony call from the telephone
to the client device associated with the called party, determin-
ing if sufficient resources are available to support the video
telephony call, and if sufficient resources are determined to be
available, forwarding an acknowledgement message to the
client device using the client device network address, the
acknowledgement message identifying a second one of the
plurality of channels on which the video telephony call can be
received by the client device on the broadband access net-
work.

17. The computer-readable medium of claim 12, wherein,
if an answer message indicating acceptance of the incoming
telephony call is not received from either the telephone or the
client device within predetermined period of time, then the
method further comprises sending a second alert message to
a video voicemail server indicating that an incoming video
telephony message will be transmitted for the called party, the
second alert message identifying a second one of the plurality
of channels on which the video telephony message can be
received by the video voicemail server or a storage medium
associated with the client device.

18. The computer-readable medium of claim 12, wherein
the method further comprises:

if a first answer message is received from the client device

indicating acceptance of the incoming telephony call
before a second answer message is received from the
telephone indicating acceptance of the incoming tele-
phony call, forwarding a second answer message to the
called party over the broadband access network, the
second answer message indicating the acceptance of the
incoming telephony call and including an identity of
second video transport stream on which the incoming
telephony call will be forwarded to a second client
device associated with the calling party; and

if the second answer message is received from the tele-

phone indicating acceptance of the incoming telephony
call before receipt of the first answer message from the
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client device, forwarding a third answer message to the
called party over the broadband access network, the
third answer message indicating the acceptance of the
incoming telephony call as a voice-only call.

#* #* #* #* #*



